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1. 

LOW COST TELEPHONE CALLER 
DENTIFICATION DEVICE AND METHOD 

BACKGROUND OF THE INVENTION 
1. Field of the Invention 
This invention relates to telephone systems and, in 

particular, to a method and apparatus for characterizing 
a telephone call by identifying the calling party, called 
party, or the called telephone number before the call is 
answered. 

2. DESCRIPTION OF THE PRIOR ART 
Frequently, people in a household share a single tele 

phone. In that situation, an incoming call may be in 
tended for only one person of the household, but until 
the telephone has been answered, that person has no 
way of knowing the "called' party. A person for whom 
the call is not intended might answer the telephone 
much to the inconvenience and discomfort of the called 
party. 

Moreover, a called party may want to screen calls he 
or she answers. An answering machine allows a person 
to screen calls, but if the person fails to pick up the line, 
the answering machine indiscriminately takes messages 
from any caller who wants to leave a message, includ 
ing unwanted callers, such as bill collectors and obscene 
callers. 

In other situations, such as in a business, an incoming 
telephone line is routed to many telephones. Therefore, 
when an incoming call is received, the called party may 
not answer the telephone because he or she does not 
know the identity of the "called party.” Thus, another 
office worker may answer the telephone and then have 
to locate the called party. 
Moreover, sometimes the employer wishes to prevent 

certain types of calls from being made. For example, the 
employer may wish to restrict the employees' telephone 
calls to a local area code. Or perhaps the employer 
wants to ensure that no calls with a particular prefix 
(i.e., '900') are made from the business. 
Accordingly, a need exists for identifying the called 

party, the calling party, or the telephone number called 
before the call is answered. 

SUMMARY OF THE INVENTION 

In accordance with the present invention, a telephone 
line controller is provided which recognizes predeter 
mined access codes and, then, responds to incoming or 
outgoing telephone calls. The controller, connected 
between a standard telephone line and at least one tele 
phone, intercepts the incoming or outgoing telephone 
calls before the calls are answered, and provides fea 
tures such as called party identification, calling party 
identification, or telephone number identification. 

In response to incoming calls, the controller answers 
the telephone after the telephone rings and waits for an 
access code to be transmitted by the caller. Typically, 
the access code either identifies a particular caller, i.e. 
calling party identification, or identifies the intended 
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recipient of the call, i.e. called party identification. If 60 
the caller inputs a valid access code, the controller 
responds to the access code by an audio or visual signal. 
Absent an access code, the controller either rings the 
telephone normally or generates a special signal to indi 
cate that the caller has failed to input a valid access 
code. If the telephone is not answered after a predeter 
mined time period, the controller disconnects the tele 
phone from the telephone line. In one embodiment, an 
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answering machine, connected in series with the con 
troller, is used to answer the call. In this embodiment, 
the controller has sufficient power to generate a normal 
ring signal to activate the answering machine. 

In response to outgoing calls, the controller, recog 
nizing certain telephone number prefixes (such as 
'900') as they are dialed, automatically disconnects the 
telephone from the telephone line, thereby preventing 
the calls from being completed. In another embodiment, 
the controller prevents all calls by keeping the tele 
phone disconnected from the telephone line until the 
user inputs a valid user's access code. After a valid 
access code is used, the caller hears a normal dial tone 
before dialing the intended telephone number. 

In one embodiment of the present invention, the con 
troller is powered directly from the telephone line and 
has both called party and calling party identification 
features. In another embodiment, the controller is pow 
ered by a separate AC adapter and/or battery and has 
called party, calling party, and telephone number iden 
tification features. Using a separate power source fur 
ther allows the controller to include features, such as 
remote control of appliances and hierarchical cascading 
of telephones in an office. 
BRIEF DESCRIPTION OF THE DRAWINGS 

FIG. 1 illustrates a block diagram of a telephone line 
controller in accordance with the present invention. 
FIGS. 1A, 1B and 1C are timing diagrams illustrating 

the values of various signals during valid access code 
entry, no access code entry, and outgoing call access 
code entry, respectively, for the controller shown in 
FIG. 1. 
FIGS. 2A-2C illustrate schematic diagrams of one 

embodiment of the invention. 
FIG. 2D is a timing diagram corresponding to the 

partial embodiment shown in FIGS. 2A-2C. 
FIG. 3 shows possible connections of the controller 

to a telephone line. 
OETAILED DESCRIPTION OF THE 

INVENTION 

The telephone line controller of this invention is, in 
one embodiment, placed in relation to a standard tele 
phone line and telephone equipment to either process 
incoming calls before the telephone is answered or to 
restrict outgoing calls. Because the telephone line con 
troller is connected to the telephone line, the controller 
is designed to comply with FCC regulations for Direct 
Access Arrangement (DAA) to prevent noise from 
interfering with the normal operation of the telephone 
line. These regulations are well-known and, therefore 
are not described in further detail. 
FIG. 1 illustrates a telephone line controller 1 in 

accordance with the present invention that provides 
both incoming call identification and outgoing call re 
striction. 

Processing Incoming Calls 
In broad overview, when an incoming call rings the 

telephone 20, controller 1 intercepts the call and waits 
until an access code is received from the calling party. 
After receipt of an access code, controller generates a 
visual or audio signal unique to that access code which 
identifies the caller, category of callers (i.e., relatives, 
friends, or business associates), or called party. 
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When idle, an input telephone line 16 typically has a 
DC potential of approximately 48 volts. (Note that a 
telephone line typically comprises a plurality of physi 
cal wires. For simplicity, FIG. 1 does not distinguish 
between these wires.) When a caller places a call, the 
telephone company generates a ring signal which has a 
frequency of about 20 hertz and a voltage of 90 to 200 
volts peak-to-peak. This ring signal is pulsed “on” for 
about 2 seconds and “off” for about 4 seconds. Refer 
ring to FIG. 1A, the first ring signal, input signal 101, is 
shown occurring at time T1 on input telephone line 16 
(input into controller 1) and output telephone line 13 
(output from controller 1). While FIG. 1A shows input 
signal 101 as a box, it should be noted that box 101 
represents merely the envelope of the 20 hertz ringing 
signal. Box 102 likewise represents the envelope of the 
20 hertz ring signal but for simplicity the actual signal is 
not shown within box 102. Note that when the discon 
nect switch 17 (FIG. 1) is closed (its normal state), input 
telephone line 16 and output telephone line 13 are con 
nected. The ring detector 2 having a line 40 connected 
to input telephone line 16, monitors the ring signal to 
ensure the ring signal is of sufficient amplitude and 
duration before generating logic output signals 107, 108 
(FIG. 1A) on line 2a (FIG. 1) to the control logic 3 
indicating that a valid ring has occurred. In one embodi 
ment, ring detector 2 is a simple voltage detector with a 
delay circuit. When the input signal exceeds a threshold 
voltage level, ring detector 2 generates an output signal 
which is delayed by a delay circuit to be discussed 
below in conjunction with FIG. 2A. Thus, an output 
signal is generated on line 2a only if the input signal 
exceeds the threshold voltage for a sufficient length of 
time. In this manner, ring detector 2 prevents false trig 
gering by other signals such as voice, ringback, dial 
tone (which have insufficient amplitude), or spikes 
(which have insufficient duration). 
After receiving an output signal on line 2a from ring 

detector 2, control logic 3 either acts upon this output 
signal immediately or is programmed to wait until a 
predetermined number of rings (FIG. 1A shows two 
rings, i.e., input signal 101 and 102) has occurred to 
allow the called party to answer the call without acti 
vating the controller. 
Control logic 3 controls the operation of the various 

output function blocks, i.e., switch control 11, visual 
indicator 9, audio indicator 10, disconnect switch 17, 
ring generator 12, ring back generator 14, and the latch 
6, based on the input signals from the input function 
blocks, i.e., ring detector 2, off-hook sensor 15, 
DTMF/Pulse detector 5, and mode switch 19. In typi 
cal embodiments, control logic 3 comprises either dis 
crete logic gates or a micro-controller, such as the 
80C31 by Intel or the 68HC05 by Motorola. The hard 
ware cost for either embodiment is substantially the 
same. The micro-controller embodiment requires that a 
control program (firmware) be developed and placed in 
ROM which is part of the micro-controller, therefore 
somewhat increasing the total development time. How 
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ever, this embodiment also provides the advantage of 60 
user flexibility because the firmware allows for the 
changing of access codes and identification features, 
thereby eliminating the cost of redesigning the hard 
W2. 

Referring to FIGS. 1 and 1A, control logic 3, in this 
instance programmed by the called party to act after 
two valid rings, issues a command signal 109 via control 
line 3a at time T2 to the off-hook control 4 to close the 
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switch 4a. The closure of switch 4a places a load resis 
tor 4b across input telephone line 16, thereby drawing 
enough current from input telephone line 16 to cause its 
DC voltage to drop below 10 volts. This voltage drop is 
interpreted by the telephone company as the receiving 
telephone receiver of telephone 20 being taken off 
hook. As a result, the telephone company stops the ring 
signal and completes the connection between the caller 
and the controller 1. 
At time T3, control logic 3 issues a command via line 

3g to the ring back generator 14 to produce a short 
beep, signal 110, on line 14a. Because line 14a of ring 
back generator 14 is connected to input telephone line 
16, the short beep is transmitted across this line as well, 
thereby alerting the caller that controller 1 is ready to 
receive the access code. Alternatively, a digitized voice 
message instructing the caller to enter the access code 
replaces the short beep. Note the digitized voice mes 
sage minimizes confusion of first-time callers, but costs 
significantly more to implement than the short beep. 

Referring to FIG. 1A, at time T4 the caller begins 
entering the access code in the form of Dual Tone Mul 
ti-Frequency (DTMF) signals 111-113 appearing on 
input telephone line 16 (as well as output telephone line 
13). Note that DTMF signals are typically provided by 
a touch-tone pad. Further, note that although three 
DTMF signals are illustrated in FIG. 1A, the number of 
signals required for an access code is set by the number 
of switch packages in the comparator 7 (FIG. 1). 
Switch packages, shown in FIG. 2B, will be explained 
in detail later. The DTMF/Pulse detector 5, connected 
via line 5a to the output telephone line 13, detects in the 
embodiment shown, three incoming DTMF signals 
111-113. There are 16 DTMF signals as currently de 
fined and used by the telephone industry. Each DTMF 
signal is comprised of two tones with precisely specified 
frequencies. Hence, DTMF/pulse detector 5 requires 
two bandpass filters to detect each DTMF signal, re 
sulting in 32 filters for detecting all 16 possible DTMF 
signals. 
The pulse detector of DTMF/pulse detector 5 typi 

cally comprises a counter that counts the incoming 
pulses from a rotary telephone. Because most modern 
telephones use DTMF signals for dialing, the pulse 
detector may be unnecessary and may be optionally 
deleted. 

In response to a valid access code input, 
DTMF/Pulse detector 5 typically transmits an output 
signal in a 4-bit binary code corresponding to the digits 
entered by the caller. Note that four bits allow up to 16 
decimal numbers to be represented. Referring to FIG. 
1, DTMF/Pulse detector 5 notifies control logic 3 (see 
signals 114-116 in FIG. 1A) via line 5a of incoming 
DTMF/Pulse digits. Control logic 3 then commands 
the latch 6 via control line 3k, to store the incoming 
digits transferred from the DTMF/Pulse detector 5 via 
data lines 5b. The comparator 7 compares a prepro 
grammed access code 8 (later described in further de 
tail) to the stored digits in latch 6 (transferred on line 6a) 
and then informs control logic 3 via line 7a whether or 
not the incoming digits constitute a valid access code. 
Latch 6 comprises any common memory element, such 
as the 74HC373 octal D-type latch (from Texas Instru 
ments or other manufacturers), or a register in a micro 
processor. In one embodiment, comparator 7 is either a 
74HC854-bit magnitude comparator (also from Texas 
Instruments or other manufacturers) or simply a COM 
PARE instruction of a microcontroller. Access code 8 
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is typically implemented using memory elements or 
simple switches set for a particular access code. 
Assuming a valid access code has been entered, con 

trol logic 3 simultaneously and optionally activates the 
following elements at time T5: the switch control 11 via 
line 3e, the visual indicator 9 via line 3c, the audio indi 
cator 10 via line 3d, and the disconnect switch 17 via 
line 3h. For example, in one embodiment of the present 
invention, switch control 11 has one switch connected 
to the air conditioner and another switch connected to 
the garage door opener. If the user assigns access code 
“100” to turn on the air conditioner at home, “101 to 
turn off the air conditioner, "200' to turn on the garage 
door opener, and "201” to turn off the garage door 
opener, then the user can call home and enter "201” to 
turn off the garage door opener as he or she leaves for 
the office in the morning to prevent a possible stray 
signal from inadvertently opening the garage door. 
Similarly, in the afternoon before the user leaves the 
office to return home, he or she can call home and enter 
'100' to turn on the air conditioner so that the house 
will be cooled before arrival. 
As mentioned above, either or both visual indicator 9 

and audio indicator 10 are used for caller and/or called 
party identification. For example, in one implementa 
tion of the invention, a flashing red light emitting diode 
(LED) corresponding to an access code of 9999 identi 
fies Dad as the calling party; a non-flashing red LED 
corresponding to an access code of 9000 identifies one 
of Dad's friends as the caller; a flashing green LED 
corresponding to an access code of 8888 and a non 
flashing green LED corresponding to an access code of 
8000 identify the caller as Mom and one of Mom's 
friends, respectively; and a flashing blue LED corre 
sponding to an access code of 7777 and a non-flashing 
blue LED corresponding to an access code of 7000 
identify the caller as Junior or one of Junior's friends, 
respectively. Furthermore, in this example, audio indi 
cator 10 is used for called party identification. Specifi 
cally, a special sound from audio indicator 10 of a bomb 
exploding, corresponding to an access code of 7007, 
identifies Junior as the called party. Hence, when the 
telephone rings with the red flashing LED on the con 
troller, Mom and Junior know Dad is calling home, and 
if an exploding bomb sound is heard, Mom or Dad 
knows the caller wants to speak to Junior. 

Consider another example of three people who share 
a common telephone line in a company, each person 
being given an access code which activates audio indi 
cator 10 to provide a unique sound corresponding to 
each access code. In this manner, when a person's 
unique sound is heard, the other two people know the 
incoming call is not for them. If each person is given 
multiple access codes, calling party identification is also 
possible, i.e., each person determines which access code 
is given to whom or to what group of persons (for 
example, family or business associates). 

Typically, as mentioned previously, disconnect 
switch 17 is closed to connect the input telephone line 
16 to the output telephone line 13. Control logic 3, 
triggered by receipt of an access code, commands dis 
connect switch 17 to open via signals on line 3h at time 
T5, thus disconnecting output telephone line 13 from 
input telephone line 16 and allowing the ring generator 
12 to ring telephone 20 without affecting input tele 
phone line 16. 
At time T6, the ring back generator 14 is turned “on” 

to simulate the ring back signal that a caller normally 
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6 
hears as audio feedback while waiting for the call to be 
answered. As shown in FIGS. 1 and 1A, ring back 
generator 14 provides four simulated ring back tones 
103-106 on line 14a starting at time T6. The ring back 
tone consists of two tones with the frequencies of 440 
hertz and 480 hertz mixed together which is pulsed 
“on” for about 2 seconds and “off” for 4 seconds. Ring 
back generator 14, in one embodiment, is constructed 
with three oscillators: two oscillators operating at ap 
proximately 440 hertz mixed together, which are gated 
by a third low frequency oscillator with a 2 second "on' 
and 4 second “off” signal. 
At the same time ring back generator 14 generates the 

ring back signal for the caller starting at time T6, the 
ring generator 12 produces ring signals 117-120 for the 
called party. (Ring generator 12 also generates a signal 
to trigger succeeding telephone devices if used.) A 
typical ring signal, as described previously, is produced 
with a 20 hertz sinusoidal oscillator gated by a low 
frequency oscillator with the appropriate duty cycle. 
Using this configuration, a power amplifier with a step 
up transformer is also required to provide sufficient 
signal drive and amplitude on outputline 13 to resemble 
a normal ring signal. This ring signal is necessary for: 1) 
controlling and/or activating other telephone-based 
equipment, and 2) hierarchical calling structure. These 
two cases are described below. 
Most automatic, telephone-based machines, such as 

telephone answering machines, fax machines, and 
modems, rely on a ring signal for activation. Consider, 
for example, powering-up and communicating with a 
home computer using a modem which is connected to 
output telephone line 13. Two calls are typically re 
quired to communicate with a home computer. The 
power switch of the computer is controlled by switch 
control 11 which is remotely operated with a special 
access code, such as 5011. Therefore, when controller 1 
answers the first call, the caller enters access code 5011 
to turn on the computer, which then executes a commu 
nication program to ready its modem. Note that because 
the disconnect switch 17 is normally closed, the initial 
ring signal from the telephone company also appears at 
the computer modem. Hence, controller 1 must be pro 
grammed to answer the call with fewer rings than the 
home computer modem to ensure proper operation. 
The caller then uses a modem to call controller 1 a 
second time, using another access code, for example 
5012, to turn on the ring generator 12, which subse 
quently activates the home computer modem. Once the 
home computer modem answers the call, controller 1 
disconnects itself from telephone line 16 by opening 
switch 4a of off-hook control 4, allowing communica 
tion between the two modems to occur normally. Using 
this configuration, the computer is turned on only as 
needed and input telephone line 16 can be used for other 
calls. 
The hierarchical calling structure connects several 

controllers in series, i.e., the output telephone line 13 of 
one controller is connected to the input telephone line 
16 of the succeeding controller, to allow various levels 
of access to the caller. Controller 36 and controller 37 in 
FIG. 3 illustrate a hierarchical calling structure. Con 
troller 36 is programmed to answer the call with fewer 
rings than succeeding controller 37 to avoid premature 
activation of controller 37. In one application, for exam 
ple, telephone 33 and controller 36 are located at a 
secretary's desk while controller 37, telephone 34, and 
the answering machine 35 are located at the boss's desk. 
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One of the access codes for controller 36 activates its 
ring generator to ring telephone 33 while another access 
code activates controller 37. In this manner, the boss 
who is calling into the office has the choice of speaking 
to the secretary or accessing messages on answering 
machine 35 via controller 37. 

Because most automatic, telephone-based equipment 
(including the controller) responds to the ring signal 
and grabs the incoming telephone line 16 after activa 
tion, no two such machines are connected to the same 
telephone line without conflict. Hence, for example, a 
telephone answering machine cannot normally be con 
nected in parallel with a modem or a controller. There 
fore, in order for more than one controller to be con 
nected in parallel with another controller, one control 
ler is designated "master” while the other is designated 
a "slave'. In FIG. 3, controller 36 is designated "mas 
ter' while controller 38 is designated as "slave.” In this 
configuration, controller 36 controls input telephone 
line 30, but controller 38 still monitors the incoming 
access code and takes appropriate action. Note that 
mode switch 19, shown in FIG. 1, commands control 
logic 3 to configure controller 36 as either "master” or 
'slave.' 

Returning to FIGS. 1 and 1A, telephone 20 is picked 
up at time T7. The off-hook sensor 15, sensing the tele 
phone being placed off-hook by voltage changes on line 
13, informs control logic 3 of this condition via line 15a. 
Control logic 3 immediately suspends all controlling 
/displaying actions that were initiated at times T5 and 
T6. Additionally, control logic 3 opens the off-hook 
control switch 4a via line 3a so as not to load down 
input telephone line 16. The now off-hook telephone 20 
replaces the load resistor 4b to keep the loop current 
flowing, thereby allowing a telephone conversation to 
begin. 

Both parallel and series controller configurations 
require off-hook sensing. The parallel off-hook sensor is 
typically a voltage sensor that senses the drop in the 
telephone line voltage when a parallel telephone device 
is put off-hook and thus draws additional current from 
the telephone line. The series off-hook sensor can be 
either a voltage sensor or a current sensor. A current 
sensor is preferred in most embodiments because it is 
less susceptible to line voltage spikes or variations. Ex 
amples of both types of off-hook sensors are shown in 
FIG. 2A and will be described later in further detail. 

In contrast to the sequence of events occurring dur 
ing a valid access code entry (using the timing diagram 
of FIG. 1A), FIG. 1B shows a case where no access 
code is entered and telephone 20 (FIG. 1) is not an 
swered by the called party. 
The sequence of events of FIGS. 1A and 1B are 

identical up to time T3 when ring back generator 14 
beeps. However, as shown in FIG. 1B, the caller fails to 
enter any access code after time T4. Control logic 3 
waits until time T5 to determine that no valid access 
code has been entered and then responds to the call by 
turning on ring back generator 14, and activating switch 
control 11, visual indicator 9, audio indicator 10, dis 
connect switch 17, and/or ring generator 12 as prepro 
grammed by the user. One user may want to simply turn 
on a yellow LED to identify the invalid or no access 
code calls, while another user may want to have the 
controller automatically terminate these calls at time T7 
by releasing switch 4a. FIG. 1B shows telephone 20 
being picked up at time T7. 
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8 
As described above, the caller has the time interval 

between time T4 and time T5 to enter an access code. 
This time interval should be relatively short so that 
someone unfamiliar with the controller or not having an 
access code would not have cause to think anything was 
wrong with the call. For an access code consisting of 3 
digits, a time interval of about 5 seconds is optimal. In 
another embodiment having a longer access code, a 
more sophisticated scheme is used. For example, assume 
the caller has 3 seconds to enter the first digit. How 
ever, once the first digit is correctly entered, more time 
is then allowed for the caller to complete code entry. 
The time interval between time T6 (when the called 

party is alerted to the call) and time T7 (when the con 
troller automatically terminates the call) is set for about 
30 seconds, which is long enough for most calls to be 
answered. The time between the controller answering 
the call at time T2 and the controller terminating the 
call at time T7 is approximately 40 seconds. Conse 
quently, a toll charge for a long distance caller is no 
more than 1 minute if the call is not answered. Addition 
ally, in one embodiment, controller 1 is disabled via 
mode switch 19 (i.e., putting the controller in a slave 
mode) so that it will not answer any incoming calls. In 
this manner, a caller is not charged a long distance toll 
if no one answers the call. 

Restricting Outgoing Calls 
FIG. 1C shows a timing diagram of an outgoing call 

in accordance with the present invention. At time T1, 
the off-hook sensor 15 (FIG. 1) detects the telephone 
off-hook condition and prompts control logic 3 (via 
control line 15a) to start monitoring the output tele 
phone line 13. 
As shown by output telephone line 13 and input 

phone line 16 in FIG. 1C, the caller begins entering in 
the outgoing access code digits shortly after time T1. 
The DTMF/Pulse detector 5 detects the DTMF tone 
bursts 201 corresponding to the access digits. At time 
T2, the entered access code digits are compared to the 
previously-mentioned, pre-determined outgoing access 
code 8, in comparator 7. If a match occurs, comparator 
7 issues a valid code signal to control logic 3 via line 7a. 
Control logic 3 then immediately activates the discon 
nect switch 17 via control line 3h (see signal 203), 
thereby momentarily disconnecting the output tele 
phone line 13 from the input telephone line 16. This 
disconnection is equivalent to hanging up telephone 20 
(i.e., the voltage across the input telephone line 16 re 
turns to its idle level of about 48 volts at time T2). As a 
result, the telephone company ignores the previously 
entered 3 digits which comprised the access code. 
To ensure the telephone company has recognized the 

disconnect signal, control logic 3 delays approximately 
1 second, then commands the disconnect switch 17 to 
close, thereby reconnecting the input telephone line 16 
to telephone 20. The telephone company interprets this 
reconnection as a new call and waits for the digits to be 
entered. At this time, the caller, hearing a normal dial 
tone, enters the intended telephone number (seen as 
DTMF tone bursts 202) without further interference 
from controller 1. 
When the call is completed, control logic 3 again 

resets itself so that any new call must be preceded by a 
valid access code as described above. If the access code 
is not entered correctly from time T1 to time T2, con 
trol logic 3 again activates disconnect switch 17 to 
disconnect the telephone from the input telephone line 
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1 for about 1 second. In one embodiment, the discon 
nect time interval after a second invalid access code is 
entered is increased from 1 second to, for example, 10 
minutes. Therefore, if a valid access code is not entered 
on the second try, experimenting with various digits 
becomes extremely time consuming. 

In contrast to controlling all outgoing calls with an 
access code as described above, selective control based 
on the entered telephone number is also possible. In one 
example, control logic 3 monitors the digits of the tele 
phone number dialed after time T1 to determine 
whether the first 3 digits match a predetermined (for 
example, a "900') code. If a match occurs, control logic 
3 simply activates disconnect switch 17 to disconnect 
telephone 20 from input telephone line 16 temporarily, 
thus effectively stopping any calls with the predeter 
mined prefix. Long distance calls or calls to some par 
ticular telephone numbers may also be similarly 
screened and stopped with the above method. 
For effective outgoing call control, the telephone is 

permanently attached (i.e., soldered) in series to the 
output telephone line 13 of controller 1. Otherwise, a 
caller without a valid access code would simply bypass 
controller 1 by plugging the modular plug of telephone 
20 directly into input telephone line 16. In addition, 
controller 1 is permanently attached to input telephone 
line 16 (which should have no other parallel connector 
to allow the controller to be easily bypassed). 
A power supply 18, illustrated in FIG. 1, supplies the 

power needed to run the various functional blocks in 
one embodiment of the present invention. The actual 
connections between power supply 18 and the func 
tional blocks are well-known in the art and, therefore 
are not shown in FIG. 1 for simplicity. Power supply 18 
typically comprises a battery, an AC adapter, or both. If 
a micro-controller or a memory device is used for con 
trol logic 3 for storing the access codes, a battery is 
preferred for power backup during power outages. The 
power requirement is greatly influenced by the output 
actions of the control logic 3 chosen. For example, a 
ring generator for hierarchical calling requires much 
more power to ring successive ringers. Therefore, an 
AC adapter from a normal AC power line is mandatory 
for this configuration. 

In another embodiment, controller 1 is constructed 
with low power consumption integrated circuits (as will 
be described in- reference to FIGS. 2A-2C). In this 
manner, controller 1 operates entirely from the power 
obtained from the input telephone line 16. Thus, this 
embodiment offers cost savings and implementation 
time advantages. However, this embodiment fails to 
include some of the features such as rotary phone access 
code entry, outgoing call monitoring, or appliance con 
trol. Irrespective of its different power requirement, 
controller 1 of the embodiment described in FIGS. 
2A-2C operates in a manner similar to that described 
above. 
As previously mentioned, the access code is com 

prised of a plurality of digits. Clearly, the more digits 
required to be input, the more difficult access becomes. 
Hence, a typical "easy” access code comprises three 
digits. The three digit code is formed by two digits 
(access digits) that determine whether control logic 3 
activates visual indicator 9, switch control 11, and/or 
audio indicator 10 at all, and one identification (ID) 
digit that determines the output actions (i.e., different 
audio or visual signals) of controller 1. 
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10 
FIGS. 2A-2C illustrate one embodiment of the pres 

ent invention. Elements having the same general config 
uration and serving the same function as in FIG. 1 have 
the same reference numerals. 

Referring to the ring detector 2 and power supply 18 
illustrated within dashed-box 2A-1 in FIG. 2A, and the 
timing diagram of FIG. 2D, an AC ring signal 301 oc 
curring at time T1 on input telephone line 16 is con 
verted to a DC signal by the diodebridge 23 comprising 
rectifiers (D3-D6). A Zener diode D7 ensures that the 
ring voltage is sufficiently high before it is passed on to 
lead 24 as the supply voltage VDD1. Voltage VDD1 is 
delayed by the RC network 25 comprising resistor R4 
and capacitor C3, before it is applied to the base of NPN 
transistor 26, thus ensuring that the ring signal when 
rectified has a voltage above the combined breakdown 
voltage of Zener diodes D7 and D8. Because diode D7 
has a much higher breakdown voltage than diode D8 
(20 volts versus 4.6 volts, respectively), the threshold 
voltage for triggering ring detector 2 is primarily set by 
diode D7. Diode D8 is used as a voltage regulator to 
keep voltage VDD1 constant at approximately 4.6 volts. 
In this manner, voltage VDD1 may power other circuits. 
As shown in FIG. 2D, voltage VDD1 quickly in 

creases after time T1 and stabilizes by time T2. During 
this time period, the voltage at the base B of transistor 
26 lags behind voltage VDD1 because capacitor C3 
charges slowly through resistor R4 with a rather long 
time constant of 1 second. Thus, resistor R4 and capaci 
tor C3 determine the duration of the ring signal before 
ring detector 2 is triggered. 
To turn on NPN transistor 26, the voltage on capaci 

tor C3 must be above the breakdown voltage of Zener 
diode 27 (2.4 volts) which is connected between the 
emitter of transistor 26 and ground, and the forward 
bias voltage (approximately 0.6 volt) of the base-emitter 
junction of NPN transistor 26 before transistor 26 is 
activated. Thus, Zener diode 27 prevents transistor 26 
from turning on until the base voltage of transistor 26 is 
about three volts. Transistor 26 pulls down the voltage 
on the base B of PNP transistor 28. Therefore, transistor 
28 does not turn on until transistor 26 turns on. In this 
manner, the READY signal provided by the collector 
C of transistor 28 remains low until voltage VDD1 is at 
least three volts. A low READY signal keeps the mem 
ory logic elements of the control logic 3, illustrated in 
and described in detail for FIG. 2B, cleared until the 
supply voltage (explained in the following paragraph) is 
high enough to ensure predictable behavior of the cir 
cuit. As shown in FIG. 2D, the READY signal remains 
low until time T2. 
The circuit initially relies on the power supplied by 

the ring signal as rectified by bridge 23 (see FIG. 2A) 
through voltage VDD1. Most of the function blocks of 
controller 1 are powered by this voltage. (Recall that 
typically the circuit is designed using logic elements 
that require very low operating power i.e., less than 
under static (non-switching) conditions.) 

In contrast, the DTMF detector 5, illustrated in FIG. 
2B, operates at a high frequency (i.e., a clock frequency 
of 3.57 MHz), thus requiring considerably more power 
to operate. Consequently, DTMF detector 5 is powered 
by voltage VDD2, which is initially (i.e., prior to time T2 
as shown in FIG. 2D) at 0 volts, to avoid loading the 
VDD1 voltage derived from the ring signal. 
Once transistor 26 (FIG. 2A) is turned on to generate 

a high READY signal, off-hook control 4, illustrated in 
FIG. 2C, is activated to draw DC power from tele 
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phone line 16 directly, thereby allowing the circuit to 
function without further ring signals. The READY 
signal going high forward biases the diode D23 and 
NPN transistor 29a of off-hook control circuit 4, allow 
ing base current from PNP transistor 29b to flow 
through resistor R12 and NPN transistor 29a which 
turns on PNP transistor 29b. With transistor 29b turned 
on, the base voltage of NPN transistor 29c is pulled high 
toward voltage V-- (which is effectively provided by 
the input telephone line 16 as will be explained below), 
thereby turning on NPN transistor 29c. With transistor 
29c on, voltage VDD3 in combination with resistor R15 
provides sufficient current (about 20 milliamps) to cor 
respond to a telephone off-hook condition. This condi 
tion is sensed by the telephone central switch which 
terminates the signal and completes the connection 
between the caller and controller 1. In this embodiment, 
controller 1 is triggered at time T2 (as shown in FIG. 
2D) which occurs immediately after ring detector 2 
produces a valid output (i.e., the READY signal going 
high). 
Voltage VDD3 supplies power to voltage VDD2 

through resistor R15, which limits the line current. 
Voltage VDD2 in turn supplies power to voltage VDD1 
to keep voltage VDD1 constant even after the ring signal 
has been terminated. Diode D10 prevents the initial 
voltage VDD1 derived from the ring signal from being 
drained by voltage VDD2. As previously mentioned, 
voltage VDD1 is regulated at 4.6 volts by Zener diode 
D8. Because voltage VDD2 is one diode drop higher 
than voltage VDD1 (about 0.6 volt due to diode D10), 
voltage VDD2 is indirectly regulated at about 5.2 volts. 
Voltage V-1, provided to off-hook control 4 (see 

FIG. 2C) and input protection/polarity switch 40 (see 
FIG. 2A), is equivalent to the voltage on input tele 
phone line 16 (see FIG. 1) during off-hook control. 
Transistor 29c of off-hook control 4 is equivalent to the 
off-hook switch 4a. Because controller 1 uses the power 
from input telephone line 16, the controller itself is 
equivalent to the off-hook load resistor 4b. Line 16A 
providing voltage V+ is technically not directly con 
nected to input telephone line 16 shown in FIG. 1, but 
is instead indirectly connected through two forward 
biased diodes in the optional input protection/polarity 
switch 40 which comprises diodes D22-D25 as is illus 
trated in FIG. 2A. As is known in the art, telephone 
lines have polarities. Thus, input protection/polarity 
switch 40 allows controller 1 to operate properly even 
if the physical wires of incoming telephone line 16 are 
reversed, i.e., if lines TIP and RING are reversed. Fur 
thermore, a metal oxide varistor MOV1, connected 
across incoming telephone line 16, absorbs excessive 
voltage spikes, thus protecting controller 1, as well as 
telephone 20. 
A single pole, single throw (SPST) switch SW3, 

shown in FIG. 2A, allows controller 1 to be bypassed. 
Specifically, when switch SW3 is open, controller 1 is 
disabled, thereby allowing incoming calls to go through 
to telephone 20 as normal calls. 
The READY signal going high at time T2, as illus 

trated in FIG. 2D, in addition to triggering off-hook 
control 4 (shown in FIG. 2C), also triggers the ring 
generator 12 via capacitor C14, which is connected to 
one inputline of NAND gate 42. The other input line of 
NAND gate 42a is connected to the relaxation oscilla 
tor 106 formed by Schmitt-trigger inverter U2B, feed 
back resistor R20, and timing capacitor C13. The high 
READY signal is transmitted across capacitor C14 
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12 
which immediately enables NAND gate 42a, thereby 
allowing a beep signal from oscillator U2B to appear at 
the output lead of NAND gate 32a. As capacitor C14 is 
charged by the high READY signal through resistor 
R30, the voltage at the input lead of NAND gate 42a 
connected to capacitor C14 drops, eventually disabling 
NAND gate 42a after a short delay. Thus, only a short 
burst of single-frequency beeping tone is generated on 
the output lead of NAND gate 2a. This tone burst is 
transferred to a two-input diode OR gate formed by 
diodes D2 and D15. The output line 41 of the diode 
OR-gate is capacitively coupled to the base of transistor 
29c via capacitor C5 and resistor R16. The tone burst 
appearing at the base of NPN transistor 29c modulates 
the line current, thereby alerting the caller by a short 
beep to start entering the access code. 

In one embodiment, DTMF detector 5, illustrated in 
FIG. 2B, comprises a highly integrated CMOS circuit 
44 which includes built-in filters and tone decoders to 
generate the binary equivalents of an input digit (which 
is then sent to the latch 45). Whenever a valid DTMF 
digit is received, circuit 44 also generates a valid digit 
output signal which is transferred to control logic 3 via 
one input lead to AND gate U8B. Three valid digit 
output signals 302 from DTMF detector 5 are illus 
trated in FIG. 2D as occurring between times T4 and 
T6. 
The latch and decoder 6 comprises, in one embodi 

ment, a HCMOS transparent octal latch 45 that retains 
the output signals of DTMF detector 5 even after the 
input tones have disappeared. The decoder comprises, 
in this embodiment, a four-bit binary decoder 46, which 
converts the four-bit binary output signals from the 
latch 45 into sixteen distinctive output signals (i.e., Y1, 
. . . , Y16, but note only the first 10 outputs are used 
because telephone number digits are from 0 to 9). De 
coder 46 drives the access code 8/comparator 7, and 
also optionally provides the distinctive output signal for 
the ID digit of the access code, described earlier. 
Access code 8/comparator 7 comprises two dual 

in-line switch packages 47a and 47b. In one embodi 
ment, each switch package contains ten individual 
switch elements SW1-SW10 and SW1'-SW10'. By 
selectively setting (i.e., closing) one or more switch 
elements in switch packages 47a and 47b, matching 
output signals from decoder 46 pass through the 
switches to clock components 48a and 48b, D flip-flops 
for example, within control logic 3. 
For illustration, switch 47a is set by the user for '7' 

and switch 47b is set for both “7” and '0'. Thus, in 
FIG.2B, switches 47a and 47b allow for access codes of 
"77” and "70'. If the first access code digit is entered 
correctly as a “7”, the output line Y7 from decoder 46a 
becomes active. Because switch 47a is set such that line 
Y7 is connected to the clock input of clock component 
48a, an active line Y7 enables clock component 48b to 
receive the next digit through switch 47b. If the next 
digit is a “6” the output line YG from decoder 46a be 
comes active However, because line Y6 is not con 
nected by switch 47b to clock component 48b, Yg being 
active has no effect on clock component 48b. Thus, 
switches 47a and 47b are the access code masks against 
which the input digits are compared. Because the 
switches themselves determine whether the input digits 
match the access digits, switches 47a and 47b thus also 
act as comparators. 
The ENTER signal provided by the output line 38d 

of Schmitt-trigger inverter U2C (in control logic 3) is 
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used to gate the entry of access digits. Inverter U2C 
inverts the low READY signal and outputs a high 
ENTER signal. The ENTER signal temporarily re 
mains high even after the READY signal has become 
high because capacitor C10, which is connected to the 
input lead of inverter U2C, delays the input signal as the 
high READY signal slowly charges capacitor C10 via 
resistor R19. When the voltage across capacitor C10 
finally surpasses the trigger level of inverter U2C, i.e., 
approximately 5 seconds after the READY signal be 
comes high, inverter U2C switches the ENTER signal 
from high to low as shown at time T6 in FIG. 2D. 
When the ENTER signal is high, AND gate U8B is 

enabled, allowing the incoming digits from DTMF 
detector 5 to be processed by control logic 3. Initially, 
the data output terminal signals (Q outputs) of the four 
D flip-flops 48a, 48b, 48c, and 48e are set low because of 
the low READY signal. 
The first access digit from switch 47a, as mentioned 

above, is applied to the clockinput lead offlip flop 48a, 
thereby setting its Q output high. A high Q output in 
turn causes the data input terminal signal (D input) of 
flip flop 48b to go high. The second access digit from 
switch 47b is applied to the clock input lead offlip flop 
48b to transfer the logic high at its D input to its Q 
output, which in turn causes the D input of flip flop 48c 
to go high. When the third digit (the ID digit) is entered 
by the caller, the DTMF detector 5 produces a high 
signal on output lead 49 to indicate that a valid DTMF 
digit is received. This valid DTMF signal, applied to 
one input lead of AND gate U8B, causes the signal on 
the output lead of AND gate U8B to go high. This high 
signal simultaneously enables AND gate U8C and 
clocks D flip-flop 48C. Clocking flip-flop 48C transfers 
the logic high at the D input to its Q output. This Q 
output is the high VALID signal, as shown in FIG. 2D 
at time T5. Hence, logic high VALID signal reflects 
that the three access/ID digits have been entered cor 
rectly. Complement signal Q (to Q output) of flip-flop 
48C disables AND gates USC and USD by keeping one 
of the input signals low, thereby keeping the output 
signals of AND gates USC and USD low. The low 
output signal from AND gate USC, transferred to the 
enable input lead 11 of latch 45, also stops latch 45 from 
accepting any new inputs. Hence, the ID digit (i.e. the 
third digit entered) is retained in latch 45 even if the 
caller should enter additional digits and the DTMF 
detector 5 detects them as valid digits. The low output 
signal from AND gate U8D, transferred to the enable 
input leads via line 50 of decoder 46, keeps the output 
lines of decoder 46 enabled. Since the input signal to 
decoder 46 is the ID digit stored in latch 45, the ID digit 
thus turns on (set to low) and maintains the correspond 
ing output line of decoder 46. For example, if the input 
ID digit is 3, the Y3 signal will be set to low until either 
phone 20 is picked up or the internal set time delay, 
controlled by resistor R11 and capacitor C4 in control 
logic 3, has expired. 
When the five second delay is up at time T6 as shown 

in FIG. 2D, the ENTER signal goes low, thereby gat 
ing off AND gate USB and preventing the output signal 
from lead 49 of DTMF detector 5 from enabling latch 
45 through AND gates USB and USC. Input digits 
from the caller at this point are still detected by DTMF 
decoder 5, but these inputs have no effect on any func 
tion of controller 1. 

Ring back generator 14, as mentioned previously, is 
turned on after the initial five second delay for access 

O 

15 

14 
code entry so that the caller will hear a simulated ring 
ing signal, thereby alerting the caller that the call is 
waiting to be answered. Typically, ring back generator 
14 comprises oscillators and logic gates. In one embodi 
ment of ring back generator 14 shown in FIG. 2C, 
NAND gate 49a and NAND gate 49b form an oscilla 
tor. When the ENTER signal goes high between time 
T1 and time T2, its input signal to NAND gate 49b goes 
low. Therefore, the output signal of NAND gate 49b is 
always high irrespective of the other input signal to 
NAND gate 49b. This high output signal is provided as 
both input signals to NAND gate 49a through resistor 
R23, causing the output signal of NAND gate 49a to be 
low. The low output signal from NAND gate 49b 
charges capacitor C11 through resistor R25 and NAND 
gate 49b. When capacitor C11 is fully charged, the 
signal on the input lead of NAND gate 49b connected 
to capacitor C11 becomes high and the circuit is stable 
without further actions. 
However, when the ENTER signal is low, the oscil 

lator comprising NAND gates 49a and 49b is enabled. 
Specifically, a low ENTER signal is converted into a 
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high signal by Schmitt-trigger inverter U2F. This high 
signal is provided as one input signal to NAND gate 
49b. The other input signal is initially high as described 
above. The output signal of NAND gate 49b switches 
to a logic low because both of its input signals are high. 
A low output signal from NAND gate 49b causes the 
output signal of NAND gate 49a to go high. The high 
output signal from NAND gate 49a discharges capaci 
tor C11 through the parallel combination of resistors 
R25 and R26 (with diode D14). As capacitor C11 dis 
charges, the voltage online 53 to NAND gate 49b be 
gins to drop. Thus, NAND gate 49b outputs a high 
signal which is transferred to both input terminals of 
NAND gate 49a. Therefore, NAND gate 49a outputs a 
low signal, thereby initially providing a low signal on 
line 53. However, the high signal on line 54 through 
resistor R25 eventually causes the voltage online 53 to 
rise. Hence, after a short delay, determined by the size 
of resistor R25 and capacitor C11, both input signals to 
NAND gate 49b become high. When the voltage on 
line 53 once again becomes high enough due to the 
charging capacitor C11, the output of NAND gate 49b 
goes low. This cycle repeats indefinitely as long as the 
ENTER signal is low. 

Because capacitor C11 charges through resistor R25 
and discharges through the parallel combination of 
resistors R25 and R26 (which has a combined resistance 
of about half of resistor R25) the discharge time is about 
twice as fast as the charge time, thereby resulting in the 
desired duty cycle for gating the ring back tone. As 
stated above, capacitor C11 charges and discharges 
when the output signal of NAND gate 49b is low and 
high, respectively. Therefore, the values of capacitor 
C11 and resistors R25, R26 are set such that the output 
of NAND gate 49b is high for approximately 2 seconds 
and low for approximately 4 seconds. 
The output signal of NAND gate 49a is also applied 

to one input lead of AND gate 49f, which performs the 
actual gating of the ring back signal. The other input 
line to NAND gate 49f is coupled with the output line 
of NAND gate 49e, which produces the ring back signal 
by combining signals from two oscillators comprised, in 
one embodiment, of Schmitt-trigger inverters 49c and 
49d. Oscillators 49c. and 49d both operate at approxi 
mately 440 Hz. Hence, the simulated ring back signal 
comprises two input signals, as well as their beat notes 
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(i.e., signals with frequencies of the sum and difference 
of the input signals). This ring back signal is gated "on' 
and "off by the output signal of NAND gate 49a with 
AND gate 49f, resulting in the familiar two-second ring 
and four-second off signal. 
To couple the ring back signal to telephone line 16 so 

that the caller can hear it, the output line from AND 
gate 39f is fed to one input, diode D2, of the 2-input 
diode OR gate (mentioned previously) to modulate the 
telephone loop current, as discussed with the ring gen 
erator 12 above, thereby transmitting the simulated ring 
back signal to be heard by the caller. 

Because the ENTER signal goes low after a delay of 
about 5 seconds from the READY signal regardless of 
whether the correct access and ID digits have been 
entered, the caller will always hear the same ring back 
tone. In another embodiment, a special tone is generated 
for a valid access code entry. 
A visual indicator 9, illustrated in FIG. 2C, is con 

nected to the ring back generator 14. Visual indicator 9 
comprises a light-emitting diode 4.0a driven from the 
emitter E of NPN transistor 40b. The base B of transis 
tor 40b receives the gated output signal from AND gate 
39f of ring back generator 14. Consequently, whenever 
ring back generator 14 is active, i.e., when a ring occurs, 
transistor 40b turns on which subsequently activates 
LED 40a. 
The audio indicator 10, also illustrated in FIG. 2C, 

comprises, in one embodiment, a music module 41a that 
generates different tunes depending on how the signals 
applied to its two input leads C and D are controlled. 
The input signals are provided by the latched binary ID 
digit from latch 45 (see FIG. 2B). The latched signals 
are applied to input leads C and D through switching 
diodes D20 and D21, respectively. This particular 
music module is adapted from one commonly used in a 
musical greeting card and is typically powered by one 
or two cells (i.e., 1.5 volts or 3 volts). Because Voltage 
VDD1 is approximately 4.6 volts, diodes D17-D19 are 
used to limit the supply voltage across music module 
41a to about 2 volts for safe operation. When the com 
plement VALID signal from flip-flop. 38cVALID, be 
comes low (i.e., approximately 1.2 volts) after a valid 
access/ID code has been received, music module 41a 
receives its power through resistor R2 and VDD1 and 
plays the tune determined by signal provided by input 
leads C and D. If a valid access/ID code is not received, 
the VALID signal remains high, i.e., at approximately 
VDD1 potential, and no voltage is applied to the music 
module 41a. Therefore, no tune is played. 
The circuit configuration of the actual embodiment 

illustrated in FIGS. 2A-2C results in three distinctive 
tunes. The first tune is provided when only the signal on 
input lead D is high, which corresponds to an ID digit 
of 8, 9, or 0. The second tune is provided when only the 
signal on input lead C is high, which corresponds to an 
ID digit of 4, 5, 6 and 7. The third tune is provided 
when both signals on input leads C and D are low, 
which corresponds to an ID digit of 1, 2, and 3. In this 
case, four groups of callers can be identified by tele 
phone line controller 1. For example, ID digits 8, 9, or 
0 (which will result in a first tune from music module 
41a) are assigned to Dad's friends; ID digits 4, 5, or 6 
(which will result in a second tune) are assigned to 
Mom's friends; and ID digits 1, 2, or 3 (which will result 
in a third tune) are assigned to Junior's friends. Finally, 
the fourth group of callers are those who either were 
not given the access code or have entered the digits 
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16 
incorrectly, wherein the resulting calls will not generate 
any tune from controller 1. Using a different music 
module with more input leads increases the number of 
distinctive ID digits. 

After the ENTER signal goes low at time T6 as 
shown in FIG. 2D, three previously discussed actions 
are initiated by controller 1: 1) the ring back generator 
14 is activated to provide the caller with audio feed 
back, 2) the visual indicator 9 is activated to indicate 
controller 1 is answering the call, and 3) the audio indi 
cator 10 is activated to identify the caller or called 
party. These three actions continue until either someone 
answers the call, or controller 1 shuts itself off after 
about 30 seconds, both actions being controlled through 
the RESET signal. 
The RESET signal is provided on the input gate of 

silicon controlled rectifier (SCR) 30, as illustrated in 
FIG. 2A. Once triggered by a high RESET signal on its 
gate, SCR30 becomes a forward-biased diode between 
its anode and its cathode. The anode of SCR 30 is con 
nected to the anode of diode D23 in off-hook control 4 
and the cathode of SCR 30 is connected to circuit 
ground. When the RESET signal goes high, SCR 30 
turns on to shunt the READY signal going to the off 
hook control 4 to ground, ultimately turning off transis 
tor 29c to release telephone line 16. Once telephone line 
16 is released, power to controller 1 is removed and 
controller 1 shuts itself down. 
The RESET signal goes high whenever one of the 

two off-hook detectors is activated by a telephone being 
lifted off-hook. Two off-hook detectors are used in this 
embodiment to show the difference between parallel 
offhook sensing and series off-hook sensing. 

Illustrated in FIG. 2A, serial off-hook detector 15A 
comprises, in this embodiment, two opto-isolators U1 
and U10. Opto-isolators sense current through phone 20 
to determine whether the receiver is off hook. Two 
opto-isolators are used so that regardless of the polarity 
of the telephone lines, one of the two opto-isolators will 
be able to sense the telephone off-hook condition. When 
the receiving telephone 20 is lifted off-hook, the tele 
phone 20 draws current from telephone line 16. The line 
current passes through the telephone 20 and then 
through either the LED in opto-isolator U1 or the LED 
in opto-isolator U10, depending on the polarity of the 
telephone line. This causes either opto-isolator U1 or 
U10 to trigger SCR 30, which in turn causes the con 
troller 1 to be disconnected from telephone line 16. 
The off-hook detector 15A only detects the on/off 

hook conditions of any telephone connected in series 
with controller 1. The off-hook detector 15B, on the 
other hand, detects the on/off hook spikes of any tele 
phone connected in parallel with controller 1. The cir 
cuit used in this embodiment of the invention relies on 
sensing relative voltage drops on the telephone when a 
receiver of another parallel phone is picked up. When 
controller 1 is triggered to draw current from the tele 
phone line at time T3 (see FIG. 2D), the base B of the 
PNP transistor QS, which is connected to voltage 
VDD3, quickly reaches about 6 volts, while the emitter 
E voltage of transistor Q8 rises more slowly as capaci 
tor C15 charges through resistor R32, parallel con 
nected resistor R33, and diode D22 until finally reach 
ing about 3 volts (due to the resistive divider formed by 
resistors R33 and R35). Hence, as long as voltage VDD3 
is rising up or staying at the same potential, the base 
emitter junction of transistor Q8 is always reverse 
biased to keep transistor Q8 off. When a telephone con 
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nected across telephone line 16 is put off-hook, the line 
voltage drops, causing voltage VDD3 to drop accord 
ingly (VDD3 is indirectly connected across telephone 
line 16 via transistor Q6 of off-hook control 4 shown in 
FIG. 2C). If voltage VDD3 quickly drops to about 2 
volts, transistor Q8 is turned on because its emitter 
voltage still remains at close to 3 volts as capacitor C15 
discharges slowly through the two rather large resis 
tors, R33 and R35 (each resistor being 100 kilo-ohms). 
Transistor Q8 being turned on causes its collector to go 
highs thereby causing the RESET signal to go high 
through resistor R34 and triggering SCR30 to turn off 
controller 1. 

FIG. 3, as described previously, illustrates both paral 
lel and series connected controllers that use offhook 
sensing as detailed above. Depending on the applica 
tion, either or both types of sensing are used. Techni 
cally, series off-hook sensing is more reliable since a 
relatively large current, i.e., greater than 10 milliamps, 
is sensed by controller 1. In contrast, parallel off-hook 
sensing generally relies on sensing the voltage drop 
across telephone line 16 when additional telephone(s) 
are put off-hook. Factors such as line loading and varia 
tions in telephone characteristics (i.e., resistance and 
capacitance) greatly affect the actual telephone line 
voltage, making absolute voltage sensing difficult. Par 
allel off-hook sensing has the advantage in that when 
the incoming call has been answered by controller 1, 
picking up any telephone on the same telephone line is 
sufficient to cause controller 1 to disconnect itself from 
telephone line 16. Series off-hook sensing is necessary in 
the case of the hierarchical calling structure in which 
multiple controllers and telephones are connected in 
series. 
The RESET signal is automatically pulled high by 

the time out circuit 55 shown in FIG.2B formed mainly 
by resistor R11, capacitor C4, and Schmitt-trigger in 
verter U2D, after a 30 second delay from the READY 
signal going high if no one answers the telephone. This 
delay signal is produced by the high READY signal 
charging a relatively large capacitor, C4, through resis 
tor R11. Capacitor C4, which is connected across the 
input of Schmitt-trigger inverter U2D, keeps the output 
signal of transistor U2D high until the voltage across 
capacitor C4 becomes sufficiently high to trigger it (i.e., 
set the output signal of transistor U2D low), resulting in 
the approximate 30 second delay. The low output signal 
of transistor U2D is applied to the SET input lead of 
flip-flop 48C, causing its Q output to go high, thereby 
setting the RESET signal high. A high RESET signal 
triggers SCR 30, which in turn shuts off the READY 
signal applied to the base B of NPN transistor Q4 
through diode D23, thereby shutting off controller 1 as 5 
previously described. 

FIG. 2D depicts telephone 20 being put off-hook at 
time T7 because input telephone line 16 remains loaded 
down after T7, i.e., telephone 20 replaces controller 1 as 
a load to telephone line 16 after controller 1 shuts itself 
off due to the high RESET signal. If no one answers 
telephone 20 and controller 1 automatically shuts itself 
off, input telephone line 16 returns to its idle state of 
about 48 volts of DC potential, while controller resets 
itself to wait for the next call. 

Table 1 below lists illustrative materials for the vari 
ous components illustrated in FIGS. 2A-2C. 
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TABLE 1. 

Components Representative Characteristics 
J1, 2 Telephone Modular Receptor 
D3-D6 400 V Rectifier 1N4004 
D7 20 VAO.4 W Zener Diode 
D8 4.6 WAO.4 WZener Diode 
O9 2.4 VAO.4 WZener Diode 

(or 3 1N4150) 
D1-2, D10-D15, D17-D23 Switching Diode 1N4150 
D16 Any Low-current LED 
R1, 7 100-ohm/0.5 W 
R8, 16 22-kohm wo.2SW 
R3, 36 1.8-kohm/0.5 W 
R4, 5, 10, 11, 19, 27 1-Mohn/0.25W 
R6, 9, 17 50-kohm/0.25W 
R28, 29, 33, 35 100-kohm/0.25W 
R12, 14 270-kon/0.25W 
R2, 13, 18, 21, 34 1.2-kohm/0.25W 
R15 47-ohn/0.5 W 
R22, 31 10-kohm0.25W 
R32 3.3-kohm/0.25W 
R20, 23-26, 30 2.2-MohmaD.2SW 
MOV1 130 V Metal Oxide Varistor 
C1 0.1 LF/50 V 
C2, 16 2.2 LF/250 V 
C3, 11 i F/25 V 
CA, 15 47 F/10 V 
C12, 13. 0.01 F/50 V 
C6, 7 100 F/10 V 
C9 0.01 F/200 V 
C8, 10 4.7 ...F/10 V 
CS, 14 0.1 F/50 V 
U1, 11 Opto-isolator 4N26 
U2 74HC14 
U3, 7 74HCT4 
U4 CS204 DTMF Decoder 
U5 i4HC573 
U6 74HC154 
U8 74HC08 
U9 74HCOO 
U10 Low power music module or 

similar sound generator 
Q1 SCR 2N5060 or similar 
Q2, 7 2N3904 
Q3, 8 2N3906 
Q4, 6 MPSA42 
Q5 MPSA93 
SW, SW2 8 SPSTOP SW or 

1 pole 10 position rotary SW 
SW3 200 V SPST SW 
Y1 3.57 Mhz Crystal 
Y2 Piezo Speaker 

While particular embodiments of the present inven 
tion have been shown and described, other embodi 
ments will be obvious to those skilled in the art in view 
of the above disclosure. The components illustrated in 
FIGS. 2A-2C and listed above in Table 1 represent 
only one embodiment. Changes or modifications to any 
of these components are still within the scope of this 
invention. Therefore, the appended claims are to en 

5 compass within their scope all such changes and modifi 
cations as fall within the true spirit and scope of the 
invention. 
We claim: 
1. A device adapted to a telephone for characterizing 

60 a telephone call, said device being capable of operating 
with a plurality of similar devices connected in parallel 
on a telephone line, said device comprising: 
means for receiving an input code which identifies a 

calling party or a called party; 
means for generating a response to said input code; 
and 

means for configuring said device in either a master 
mode or a slave mode; 
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wherein when configured in said master mode said 
device controls said telephone line by causing said 
means for generating a response to provide an off 
hook signal on said telephone line on interception 
of an incoming call on said telephone line, and 
when configured in said slave mode said device is 
capable of monitoring said telephone line for input 
codes after another device of said plurality of simi 
lar devices configured in said master mode has 
provided said off-hook signal. 

2. The device according to claim 1, wherein said 
means for generating comprises visible means for signal 
ling said response. 

3. The device according to claim 1, wherein said 
means for generating comprises audible means for sig 
nalling said response. 

4. The device according to claim 1, wherein said 
means for generating comprises means for controlling 
the operation of an appliance in response to said input 
code. 

5. The device according to claim 1, wherein said 
input code comprises one or more digits of a first num 
ber entered by an outgoing caller, thereby enabling said 
device to characterize outgoing telephone calls in re 
sponse to said input code. 

6. The device according to claim 1, wherein said 
means for generating comprises means for controlling 
incoming telephone calls in response to said input code. 

7. The device according to claim 1, wherein said 
means for receiving comprises: 
a predetermined access code; 
means for comparing said input code to said predeter 
mined access code, said means for comparing hav 
ing an input signal and an output signal; and 

means for processing said output signal of said means 
for comparing, said means for processing having a 
plurality of output signals, wherein at least one of 
said plurality of output signals is connected to said 
means for generating a response. 

8. The device according to claim 5, wherein said first 
number comprises an access code entered by said out 
going caller, said access code being indicative of said 
outgoing caller. 

9. The device according to claim 5, said device stor 
ing a predetermined second number comprising a plu 
rality of digits, said device further comprising: 
means for identifying said first number as said first 
number is entered; and 
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means for disconnecting said telephone from said 

telephone line when a plurality of digits of said first 
number match a plurality of digits of said predeter 
mined second number, 

wherein said first number comprises a telephone num 
ber. 

10. A method of characterizing a telephone call with 
a plurality of caller identification devices connected in 
parallel on a telephone line, said method comprising the 
steps of: 

activating one of said devices to function as a master 
controller, said master controller then controlling 
said telephone line and monitoring said telephone 
line for input codes; 

activating any other device to function as a slave 
controller, said slave controller then limited to 
monitoring said telephone line for said input codes; 

providing parallel off-hook sensing for each of said 
master and slave controllers, such that picking up 
any telephone on said telephone line results in dis 
connection of any other controller; 

inputting a code which identifies a calling party or a 
called party; and 

generating a response to said code. 
11. The method according to claim 10, wherein the 

step of generating a response includes producing an 
audible signal. 

12. The method according to claim 10, wherein the 
step of generating a response includes producing a visi 
ble signal. 

13. The method according to claim 10, wherein the 
step of generating a response includes controlling the 
operation of an appliance. 

14. The method according to claim 10, wherein the 
step of generating a response includes controlling in 
coming telephone calls. 

15. The method according to claim 10, wherein the 
step of inputting a code includes: 

storing a predetermined access code; 
comparing said code with said predetermined access 

code; 
producing an output action as a result of said compar 

ing; and 
generating a signal in response to said output action. 
16. The device according to claim 1, wherein said 

means for generating comprises a light emitting device. 
17. The device according to claim 1, wherein said 

means for generating comprises a music module. 
ck k sk. k. 2: 


